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(57) ABSTRACT

A method (400) for determining that an audio conference is in
a first phase of a plurality of phases. The method comprises
determining (401) a plurality of sequences (301) of events
(305) for a plurality of terminals (120, 170); wherein an event
from the sequences (301) of events (305) indicates that a
talker activity at a terminal (120, 170) has been detected;
determining (403) a sequence (350) of feature vectors (330)
based on the plurality of sequences (301) of events (305);
wherein a feature vector (330) of the sequence (350) of fea-
ture vectors (330) is indicative of the talker activity (332) ofat
least one of the plurality of terminals (120, 170) relative to the
talker activity at least another one of the plurality of terminals
(120,170); and determining (406) that the audio conference is
in the first phase based on the sequence (350) of feature
vectors (330). DETAILS: audio-conference phases identified
as: 1) introductory phase (comprising a waiting phase, an
uncoordinated activity or chatting phase, and a participant
introductions/attendance check phase); II) cooperative phase
(comprising productive discussions between participants);
1IT) sign-off phase. In addition to participant join/leave/mute
events, voice-activity detection algorithms are used for mea-
suring a ratio of voice-activity of each participant (RTT, Rela-
tive Talking Time) and other features (CTT, Concurrent Talk-
ing Time, NT, number of Turns, NAE, Number of Active
Endpoints) and for inferring the current phase of the confer-
ence; conference logs or recordings may be used instead of
real-time measurements; the time difference (delay) between
scheduled time or first call and the reach of phase I1is used as
a measure of efficiency of the conference.

20 Claims, 6 Drawing Sheets
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1
METRIC FOR MEETING COMMENCEMENT
IN A VOICE CONFERENCING SYSTEM

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims priority to U.S. Provisional Patent
Application No. 61/665,429 filed 28 Jun. 2012, which is
hereby incorporated by reference in its entirety.

TECHNICAL FIELD

The present document relates to conferencing systems. In
particular, the present document relates to a method and sys-
tem for reliably determining parameters indicative of the
efficiency of a voice conference.

BACKGROUND

In the area of ‘voice conferencing’ the ability to measure
and manage the user experience across a large user base is an
important capability requirement for service providers. An
important cost in a subscription or service based voice con-
ferencing system is the loss of a customer due to their expe-
rience not meeting general or competitive expectations.
Whilst in some cases, such user dissent may be voiced to an
operator of the provider of the voice conference service, quite
often the first signs can be the loss of customers and accounts
which can have a significant impact on the business success of
the provider of the voice conference service.

To this end, there is an interest around the online and
automated assessment of telecommunications systems per-
formance. Some areas of system performance and quality
assessment are the assessment of voice quality, the assess-
ment of system audio latencies, the assessment of network
performance, the processing for echo and noise abatement
(e.g. G.160 or G.167), and the assessment of call stability.

There may be other higher level measures of performance
for a communications system that may not map to any one of
the above mentioned singular technical quality measures.
Such higher level measures become increasingly important as
the complexity of terminals, the number of parties present,
and the diversity of use cases increases for typical voice
conferencing systems. In the present document, such a higher
level measure is described, which is of significant impact and
inherent value to the quality of a voice conference. In the
present document, means for objectively and automatically
monitoring such a higher level measure are described.

Technology can provide an alternative to parties of a meet-
ing being physically present in order to commence and con-
duct a meeting. However, such technology can also create an
obstacle and distraction in achieving a quorum and commenc-
ing a meeting. In addition to general lateness and attendance
issues, a voice conferencing system can create a barrier and
delay for a meeting as people may need to install, locate, load,
configure, test and establish correct operation of devices that
are not always primarily dedicated to the purpose of voice
conferencing. Without a doubt, and from countless examples
and anecdotal evidence, such delay in commencing a meeting
is common and can be attributed and associated with new
technologies.

In considering the cost of such inefficiency, the event of a
meeting brings together a set of people, all of whom may have
a role to play in the organization. The lost time caused by a
delayed meeting commencement is therefore multiplied by
the number of people attempting to meet. This inefficiency
aspect is further underlined by the fact that the delays are
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often longer for larger groups trying to co-ordinate via tech-
nological means. In view of this, the present document
describes a measure which allows to reliably and automati-
cally measure and/or track such delays incurred for the com-
mencement of voice conferences. In particular, the present
document describes a framework and technique for determin-
ing the amount of time elapsed from the first attempt or
scheduled point of a meeting, until the activity and dynamic
of the voice conference represents a functional meeting
behavior. As will be outlined in the present document, the
measurement of the delay in the commencement of the voice
conference can be achieved by data logging, analysis, pattern
matching and/or heuristics (as well as a combination thereof)
to provide a reliable metric for meeting commencement.

The value of a reliable and automatic measure for deter-
mining the delay of commencement of a voice conference lies
e.g. in tracking and improving (i.e. reducing) such delay. The
reduction of the delay may be achieved e.g. through techno-
logical means (improvements of the voice conference sys-
tem) and through social conditioning means (corporate norms
for meeting promptitude, etc.). In particular, the estimated
delay of commencement of a voice conference may be used to
adjust the settings of an audio conference system (e.g. the
talker positions of a 2D or 3D conference scene), in order to
reduce the delay of commencement. When incorporated into
a corporate conferencing system, the metric described in the
present document may be a useful measure of meeting effec-
tiveness and user experience.

SUMMARY

According to an aspect a method for determining that an
audio conference which makes use of an audio conference
system is in a first phase of a plurality of pre-determined
phases is described. The audio conference system may be
configured to link a plurality of M terminals, with M>2 (e.g.
M>3,4, 5, 6), for the participants of the audio conference. The
audio conference system may make use of'a centralized archi-
tecture (comprising a central conference server) and/or of a
de-centralized architecture. The audio conference system
may be configured to place the terminals into a 2 dimensional
(2D) or 3 dimensional (3D) conference scene (e.g. using
binauralization techniques).

An audio conference typically comprises a plurality of
different phases. By way of example, the plurality of phases
of the audio conference may comprise any one or more of a
waiting phase of the audio conference (where the participants
of the audio conference wait for a further participant to join
the audio conference); a phase of uncoordinated activity
within the audio conference (where the participants of the
audio conference chat with each other, without being focused
onthe purpose of the audio conference); a phase of participant
introductions and attendance checks within the audio confer-
ence (where the participants briefly indicate their presence
and name); a phase of productive activity within the audio
conference (where the participants of the audio conference
focus on the purpose of the audio conference); and a sign off
phase of the audio conference (wherein the participants say
goodbye and leave the audio conference). The above men-
tioned phases may be aggregated to a plurality of aggregated
phases of the audio conference, such as a cooperative phase of
the audio conference (which typically comprises a relatively
high degree of phases of productive activity); and an intro-
ductory phase of the audio conference (which typically com-
prises a waiting phase, a phase of uncoordinated activity
and/or a phase of participant introductions and attendance
check).
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The method described in the present document may be
directed at determining that the audio conference is (at a
particular point in time) within a first phase of the above
mentioned plurality of phases (e.g. within the cooperative
phase of the audio conference). For this purpose, the method
may comprise determining a plurality of sequences of events
for the plurality of terminals of the audio conference system,
respectively. An event may be determined on a time grid
having a grid interval referred to as an event time interval. An
event may describe the presence of a pre-determined situation
at a corresponding terminal within the corresponding event
time interval. In particular, an event from the sequences of
events may indicate that a talker activity at a terminal has been
detected within an event time interval. This type of event may
be referred to as a T event (T for “Talker activity™). Detecting
the talker activity (i.e. detecting the T event) within a first
event time interval may comprise determining an energy of an
upstream audio signal generated by the terminal within the
first event time interval. Furthermore, it may be determined
that the energy within the first event time interval is greater
than a pre-determined first energy threshold, thereby detect-
ing the presence of the T event. Alternatively or in addition,
detecting the T event may comprise Voice Activity Detection,
in order to distinguish between actual talker activity and noise
within the upstream audio signal originating from a terminal.

As such, the method may comprise detecting respective
sequences of events for the plurality of terminals of the audio
conference system. The respective sequences of events may
indicate the presence or absence of T events at a correspond-
ing sequence of event time intervals. In other words, the
sequences of events may indicate the terminals which exhibit
talker activity within selected event time intervals of the
sequence of event time intervals (and those the exhibit no
talker activity).

The method may further comprise determining a sequence
of feature vectors based on the plurality of sequences of
events. A feature vector typically provides a pattern of the
audio conference over a feature time interval, wherein the
feature time interval typically comprises a plurality of event
time interval. In particular, the feature vector may describe
selected statistical properties of the audio conference within
the corresponding feature time interval. Even more particu-
larly, a feature vector of the sequence of feature vectors may
be indicative of the (amount of) talker activity at at least one
of the plurality of terminals relative to the (amount of) talker
activity at at least another one of the plurality of terminals
within the corresponding feature time interval. By way of
example, the feature vector within a first feature time interval
may be indicative of the relative (amount of) talker activity at
a selected terminal within the first feature time interval rela-
tive to the total (amount of) talker activity within the first
feature time interval.

Furthermore, the method may comprise determining that
the audio conference is in the first phase based on the
sequence of feature vectors. In other words, the method may
use the sequence of feature vectors (describing a sequence of
statistical patterns of the audio conference for a sequence of
corresponding feature time intervals) to determine a current
phase of the audio conference at a particular time instant.

The above mentioned step of determining a sequence of
events for a first terminal may comprise analyzing logging
datalogged at or logged for the first terminal during the audio
conference. By way of example, the logging data may be
logged at the central conference server of the audio confer-
ence system. The logging data may comprise any one or more
of: an identifier for the audio conference; an upstream audio
signal generated by the terminal during the audio conference
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using a microphone; terminal control information (e.g. for
joining the audio conference, for leaving the audio confer-
ence, and/or for putting the terminal on mute) generated at the
terminal during the audio conference; and time stamp data
allowing to align the logging data received from the first
terminal with the logging data received for the other terminals
of the plurality of terminals.

An (e.g. any) event from the plurality of sequences of
events may be selected from any one or more of the following
events (for a particular terminal and within a particular event
time instant): the T event, wherein the T event may be indica-
tive of the talker activity at the particular terminal within the
particular event time interval; an M event indicative of the
particular terminal being in mute within the particular event
time interval; a J event indicative of the particular terminal
dialing into the audio conference within the particular event
time interval; and an L event indicative of the particular
terminal terminating the audio conference within the particu-
lar event time interval.

Determining a feature vector for a particular first feature
time interval comprising a plurality of first event time inter-
vals may comprise determining the number of T events com-
prised within the first feature time interval, for each of the
plurality of terminals; and/or determining a ratio of the num-
ber of T events for a particular first terminal of the plurality of
terminals and the total number of T events for all terminals of
the plurality of terminals.

A (e.g. any) feature vector of the sequence of feature vec-
tors may be indicative of the (amount of) talker activity at N
of the plurality of terminals relative to the (amount of) talker
activity at all of the plurality of terminals within the corre-
sponding feature time interval, N>0; N smaller than or equal
to M. As such, the feature vector may comprise N dimensions,
each dimension indicative of the relative (amount of) talker
activity of a different one of the plurality of terminals. The
selected N terminals may be the terminals having the highest
relative (amount of) talker activity within the corresponding
feature time interval.

Alternatively or in addition, a (e.g. any) feature vector of
the sequence of feature vectors may be indicative of a con-
current talker activity up to K terminals, respectively, within
the corresponding feature time interval, K>=0 and K smaller
than or equal to M, e.g. K>=2. The concurrent talker activity
of’k terminals, e.g. k=0, . . ., K, may be determined based on
a number of event time intervals within the feature time
interval for which (exactly) k terminals have concurrent T
events. In other words, it may be determined (e.g. expressed
as a percentage of the length of the feature time interval) how
much time (exactly) k terminals exhibit concurrent talker
activity.

Alternatively or in addition, a (e.g. any) feature vector of
the sequence of feature vectors may be indicative of a number
of hand overs of talker activity between different terminals
within the feature time interval. In other words, the feature
vector may be indicative of the extent of turn taking within the
particular feature time interval.

Alternatively or in addition, a (e.g. any) feature vector of
the sequence of feature vectors may be indicative of a number
L of different terminals comprising at least one T event within
the feature time interval, L. being equal to or smaller than M.
In other words, the feature vector may be indicative of how
many of the M terminals have actively participated in the
audio conference within a particular feature time interval.

Determining a sequence of feature vectors may comprise
selecting a first feature time interval for determining a first
feature vector of the sequence of feature vectors; and select-
ing a second feature time interval for determining a second
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feature vector of the sequence of feature vectors. The first and
second feature vectors may be determined based on the
excerpts of the sequences of events lying within the first and
second feature time intervals, respectively. The second fea-
ture vector may directly succeed the first feature vector in the
sequence of feature vectors. Furthermore, the first and second
time intervals may overlap. By way of example, the time
offset between the first and second feature time intervals may
lie within a range of 500 ms or 30 seconds to 1 minute;
wherein the feature time interval may lie within a range from
1 minute to 5 minutes (and/or wherein the event time interval
may lie within a range from 20 ms to 1 second, e.g. the event
time interval may correspond to the size of an audio frame).
As such, the statistical patterns of the feature vectors may be
determined based on relatively long feature time intervals
(thereby allowing for reliable statistical analysis), whereas
the time offset between adjacent feature vectors may be rela-
tively short (thereby allowing for a relatively high time reso-
Iution for determining the phase of the audio conference).

The method may comprise time aligning the plurality of
sequences of events for the plurality of terminals. As such, it
may be ensured that the detected events for a first terminal are
time aligned with the detected events of the other terminals. In
other words, it can be ensured that events which occurred at
different terminals within corresponding event time intervals
within the sequence of event time intervals actually occurred
at the same time instant (or within the same time interval).

The sequence of feature vectors may be used to determine
the phase of the audio conference at a particular time instant
(or to determine the evolution of the phases of the audio
conference along the time line). This may be achieved by
using pattern recognition techniques which assign a feature
vector and/or a subsequence of feature vectors (i.e. patterns)
to a phase of the audio conference. In an example, the method
comprises assigning a feature vector of the sequence of fea-
ture vectors to one of a plurality of pre-determined classifi-
cations. A classification of the plurality of classifications may
be indicative of a corresponding type of activity within the
audio conference or of a corresponding phase of the audio
conference. The plurality of pre-determined classifications
may comprise any one or more of: a W classification, indica-
tive of a waiting phase of the audio conference; a B classifi-
cation, indicative of a phase of uncoordinated activity within
the audio conference; an I classification, indicative of a phase
of participant introductions and attendance check within the
audio conference; a C classification, indicative of a phase of
productive activity within the audio conference; and
an S classification, indicative of a sign oft phase of the audio
conference.

As such, the above mentioned phases may be determined
on a time granularity which corresponds to the time offset
between adjacent feature time intervals. A cooperative phase
of the audio conference may extend across a plurality of
feature time intervals, i.e. the cooperative phase of the audio
conference may comprise a plurality of the above mentioned
phases. In particular, the cooperative phase of the audio con-
ference may comprise a density of phases of productive activ-
ity exceeding a pre-determined density threshold.

A (e.g. any) feature vector of the sequence of feature vec-
tors may be assigned to a classification using a classifier. The
classifier may have been trained using annotated training data
of training feature vectors and training classifications. In
other words, the classifier may have been obtained based on
annotated training data. The training data comprises different
training feature vectors for the plurality of pre-determined
phases which are typical for a respective one of the plurality
of pre-determined phases. As such, a clustering algorithm of
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the classifier may be built, which determines clusters of fea-
ture vectors which are to be assigned to a respective one of the
plurality of pre-determined phases (i.e. to a respective one of
the plurality of pre-determined classifications).

The method may further comprise determining a sequence
of classifications from the sequence of feature vectors (e.g.
based on a one-to-one assignment of a feature vector to a
classification or based on a many-to-one assignment of a
subsequence of feature vectors to a classification). Further-
more, the method may comprise identifying a segment within
the sequence of classifications having a density of C classifi-
cations higher than a density threshold. Such a segment may
be indicative of a cooperative phase of the audio conference.
A segment typically comprises a pre-determined number of
succeeding classifications from the sequence of classifica-
tions.

Alternatively or in addition to determining the first phase of
the audio conference, the method may be directed at deter-
mining an estimate of a commencement time instant of the
audio conference. The estimate of the commencement time
instant may be determined based on the sequence of feature
vectors, in particular based on the identified segment. The
commencement time instant may be indicative of a beginning
of the cooperative phase of the audio conference. In particu-
lar, the commencement time instant may be indicative of a
transition from an introductory phase to the cooperative phase
of the audio conference. The estimate of the commencement
time instant may be indicated relative to a scheduled start time
ofthe audio conference; relative to a time instant indicative of
one of the plurality of terminals joining the audio conference;
and/or relative to a regional time corresponding to a full hour,
a quarter to the full hour, half past the full hour or a quarter to
the full hour.

As indicated above, the audio conference system may be
configured to place the plurality of terminals at different
talker locations within a 2D or 3D conference scene. The
method may comprise selecting the different talker locations
based on the estimate of the commencement time instant. In
more general terms, one or more settings of the audio confer-
ence system may be selected based on the estimate of the
commencement time instant.

It should be noted that all the events of the sequences of
events may share a common time grid with a grid spacing
corresponding to the event time interval. In a similar manner,
all feature vectors of the sequence of feature vectors may
cover the same temporal length corresponding to the feature
time interval.

According to a further aspect, an analysis server configured
to estimate a commencement time instant of an audio confer-
ence which is performed within an audio conference system
is described. The audio conference system may link a plural-
ity of M terminals, M>2 (e.g. M>3, 4, 5, 6), the terminals
being for participants of the audio conference. The com-
mencement time instant may be indicative of a beginning of a
cooperative phase of the audio conference. The analysis
server may be configured to receive logging data related to the
plurality of terminals. Furthermore, the analysis server may
be configured to determine a plurality of sequences of events
for the plurality of terminals of the audio conference system,
respectively, based on the logging data. An (e.g. any) event
from the sequences of events may indicate whether or not a
talker activity at a terminal has been detected within a corre-
sponding event time interval.

It should be noted that the logging data related to the
plurality of terminals may comprise the logging data of a
complete audio conference (i.e. from a beginning of the audio
conference up to the end of the audio conference). The log-
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ging data may be received and/or analyzed after the end of the
audio conference. Consequently, the analysis server may
make use of logging data covering the entire audio conference
(and not only the logging data up to the point at which com-
mencement is inferred). This means that the commencement
time instant may be determined based on the analysis of the
complete audio conference. By way of example, the com-
mencement time instant may be determined by analyzing the
audio conference starting from the end of the audio confer-
ence backward. In particular, a segment of classifications may
be determined, for which a density of C classifications falls
below a (second) density threshold. The temporal end of such
a segment may be indicative of the commencement time
instant.

Furthermore, the analysis server may be configured to
determine a sequence of feature vectors based on the plurality
of sequences of events. A (e.g. any) feature vector of the
sequence of feature vectors may be indicative of the (amount
of) talker activity at at least one of the plurality of terminals
relative to the (amount of) talker activity at at least another
one of the plurality of terminals within a corresponding fea-
ture time interval. Typically, the feature time interval com-
prises a plurality of event time intervals. In addition the analy-
sis server may be configured to determine the estimate of the
commencement time instant based on the sequence of feature
vectors.

According to a further aspect, a software program is
described. The software program may be adapted for execu-
tion on a processor and for performing the method steps
outlined in the present document when carried out on the
processor.

According to another aspect, a storage medium is
described. The storage medium may comprise a software
program adapted for execution on a processor and for per-
forming the method steps outlined in the present document
when carried out on the processor.

According to a further aspect, a computer program product
is described. The computer program may comprise execut-
able instructions for performing the method steps outlined in
the present document when executed on a computer.

It should be noted that the methods and systems including
its preferred embodiments as outlined in the present patent
application may be used stand-alone or in combination with
the other methods and systems disclosed in this document.
Furthermore, all aspects of the methods and systems outlined
in the present patent application may be arbitrarily combined.
In particular, the features of the claims may be combined with
one another in an arbitrary manner.

SHORT DESCRIPTION OF THE FIGURES

The invention is explained below in an exemplary manner
with reference to the accompanying drawings, wherein

FIG. 1a shows a block diagram of an example centralized
audio conference system;

FIG. 15 shows a block diagram of an example distributed
audio conference system;

FIG. 2 shows a block diagram of an example system for
measuring the commencement time instant of an audio con-
ference;

FIGS. 3a to 3f illustrate various aspects of an example
scheme for determining the commencement time instant ofan
audio conference;

FIG. 4 shows a flow chart of an example method for deter-
mining the commencement time instant of an audio confer-
ence; and
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FIGS. 5a and 554 illustrate example analysis graphs of
commencement time data.

DETAILED DESCRIPTION

As outlined in the introductory section, voice conferences
may be subject to significant delays for commencing the
voice conferences. In particular, with small to medium sized
conferences, there may be a challenge of getting the quorum
assembled and of being able to use the conferencing system.
The present document addresses the technical problem of
measuring in an automatic manner the moment of time at
which the participants of a voice conference effectively start
a constructive voice conference, thereby allowing to track the
time period between the intended start of a voice conference
and the commencement of a productive voice conference. In
this context, a distinct change in the pattern and dynamics of
a multi party voice conference may be used to determine a
time instant indicative of when a meeting actually started in a
productive way. This metric is useful for indicating both the
efficiency of the people and the conferencing system in use.
Of particular interest may be to use such measure in order to
demonstrate an improvement in conference commencement
related to a particular hardware, software, system or deploy-
ment design ofthe voice conferencing system. In other words,
a measure which tracks a time instant at which a voice con-
ference switches from an (unproductive) preparatory phase to
a productive working phase may be used to adjust parameters
of'a voice conferencing system, in order to shorten—in aver-
age—the (unproductive) preparatory phase of voice confer-
ences.

The metric described in the present document may identify
the time instant at which things move from a social and/or
casual engagement to the point where attention is required or
appropriate to the purpose of the meeting (especially for those
directly involved). The present document provides means of
deriving an approximation of this time instant from raw data
that can be collected from the voice conference system.

By way of example, the following raw data (also referred to
as logging data) may be recorded and utilized for determining
the time instant at which a voice conference switches from an
(unproductive) unstructured mode to a (productive) struc-
tured mode:

a) the time instants of connections and/or disconnections
for some or all of the terminals or users of the voice
conference;

b) the voice activity at some or all of the terminals, prefer-
ably time aligned across the entire voice conference;

¢) the different types of terminals (e.g. softclient on a
computer, fixed telephone, mobile telephone, VoIP cli-
ent, etc.);

d) software re-installation, system reboot, and/or audio
hardware changes that may have occurred during the
voice conference at particular terminals;

e) instantiation and operation of other resources such as
video, screen sharing, display of powerpoint presenta-
tion, etc.;

f) the noise, voice and nuisance levels at some or all of the
terminals; and/or

g) mute activity of some or all of the terminals during the
voice conference.

In particular, the items a) and/or b) may be used to reliably
determine the time instant at which a voice conference
becomes structured/productive (referred to herein as the com-
mencement time instant). The other items may be used alter-
natively or in addition, e.g. for refinement and accuracy of
estimating the commencement time instant.
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Table 1 provides a list of important causes of a delayed
commencement.

10

Example patterns (or dynamics) that may characterize the
commencement of a voice conference comprise:

TABLE 1

Cause

Observable Behaviour

Delayed attendance of some
participants

Connection or system problems
for some participants

Lack of organization

Co-ordination of additional
resources

The conference dynamics change upon entry of a new
participant and persists in a new dynamic subsequent
to a party joining the conference; the party joining
typically demonstrates at least some speech interaction
upon joining and inferred relevance to the meeting.
The conference dynamic changes and persists in a new
dynamic state for some time after one or more
participants disconnect and then reconnect (or change
hardware); the reconnecting participant typically
engages delivery or interaction with other participants
after connecting or altering the hardware.

More sporadic and simultaneous end point activity; no
transactional dynamics.

All parties are online in the conference, and short
query conversations as different services are started for
sharing or for consumption on certain endpoints. An
example is the time for parties to accept screen sharing
or achieve access to a resource such as a stored or
online document. After this state, the indicative normal
conference dynamics will generally appear.

Attendee in wrong meeting

An attendee disconnects, joins another meeting and

then becomes active and possibly important in the

other conference.

There may be a general rule that the last one of such events
which occurs within a reasonable time period of the sched-
uled or rounded meeting commencement time (e.g. 10-15
minutes after the first participant joins) may represent the
effective meeting commencement time instant.

As such, a set of rules (such as the rules listed in Table 1)
may be provided, wherein the set of rules may provide a
relationship between the observed dynamics of the voice
conference and one or more reasons that may be the cause for
the observed dynamics. As outlined in this document, the
observed dynamics of the voice conference may be described
e.g. by a classification or a sequence of classifications (for
further details see the description in relation to FIGS. 3a to 3
f). Hence, the set of rules may be used to determine one or
more reasons for a determined commencement time instant.
In other words, the set of rules may provide indications of one
or more causes of the delayed commencement of a voice
conference. Furthermore, the sequence of classifications (de-
scribing the evolution of the dynamics of the voice confer-
ence) may be used to determine an estimate of the commence-
ment time instant.

By way of example, the dynamic of a structured voice
conference may involve a paced turn taking (e.g. a change
over of the active speaker), possibly one or more interrup-
tions, and/or one or more occasional pauses. It is observed
that the turnover time and average length of sequential speech
activity from at least some endpoints is longer once the meet-
ing has commenced. In other words, it is observed that the
dynamic of a structured voice conference typically exhibits
unevenly distributed speech activity from different endpoints.

On the other hand, a dynamic of a voice conference which
is in its setup phase, prior to the commencement time instant,
may comprise the indicative behavior of multiple active end-
points, idle chatter at different connected endpoints, and/or
endpoints which are muted whilst there is significant local
voice activity at the muted endpoint. Such local voice activity
may be observed by the endpoint and may be reported to a
central server which is configured to determine the com-
mencement time instant from data collected from the voice
conference server and/or from the different endpoints.
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a) introductions—typically a short segment of voice activ-
ity of similar length originating sequentially from the
endpoints which are connected;

b) agenda and comment—typically a long discourse from
one endpoint with little interruption;

¢) structured turn taking; and/or

d) no more people/endpoints joining the voice conference.

It should be noted that the late joining and/or the interrup-
tion of an endpoint/participant does not necessarily imply that
the commencement time instant has not yet been occurred.
If—over subsequent data from the conference—it is observed
that this particular endpoint/participant does not participate
significantly in the voice conference, then it is likely that the
meeting had already commenced before the engagement of
that particular endpoint/participant. On the other hand, if the
person is very active after commencing, then this relatively
high degree of speech activity increases the likelihood that the
meeting was in a waiting state before the arrival of the par-
ticular endpoint/participant. As such, the subsequent speech
activity of a joining party may be taken into account when
determining the commencement time instant.

The systems and method described in the present docu-
ment may be configured to provide a measure of confidence
of the determined estimate of the commencement time
instant, in addition to the estimate of the commencement time
instant. For example, such a measure of confidence may be
based on the relative ratio of the classification of features as
conference related before and after the identified transition.
Another aspect of determining a measure of confidence is the
extent to which the identified productive segment occupies a
large and central section of the total conference time. Such
measure of confidence may be combined with other aspects
related to aberrant duration, user connection patterns, gaps
and silences across the conference and may be used to filter or
select particular voice conferences for data analysis, in order
to avoid corrupted results. In other words, the measure of
confidence and other properties of activity across the entire
conference may be used to exclude unreliable or inappropri-
ate estimates of commencement time instants from aggregate
data analysis.
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It should be noted that the determination of an estimate of
the commencement time instant may be performed after the
voice conference has been completed (based on data gathered
from the conference server and/or from the endpoints). In
other words, the estimate of the commencement time instant
may be determined based on the post-processing of data
logged during the voice conference. In this way, the analysis
can segment a voice conference into different time periods
such as “join”, “wait”, “commence”, “wrap up” and “end”. It
should also be noted that the collected data from various voice
conferences can be used for building a classifier used for
determining the estimate of the commencement time instant.

The metric indicating the commencement time instant may
be referenced to a start time of the voice conference that may
be available from a calendar or an integrated meeting plan-
ning system (for example virtual conference room booking
times). Alternatively or in addition, the metric for the com-
mencement time instant may be related to the time at which
the first person joins the voice conference. Alternatively, the
metric for the commencement time instant may be referenced
to the time of the first person to join, rounded to the nearest
typical meeting commencement target (e.g. full hour, quarter
past, half past or quarter to a full hour).

FIG. 1a illustrates an example multi-party audio confer-
ence system 100 with a centralized architecture. A centralized
conference server 110 receives a plurality of upstream audio
signals 123 from a respective plurality of terminals 120 (also
referred to as endpoints 120 in the present document). The
terminals 120 comprise respective transceivers 125 (e.g.
microphones) to convert acoustic signals at the terminals 120
into respective upstream audio signals 123. An upstream
audio signal 123 is typically transmitted as an audio stream,
e.g. a bitstream. By way of example, an upstream audio signal
123 may be encoded as a G.711, a G722.2 (AMR-WB), a
MPEG2 or a MPEG 4 audio bitstream. Typically, the
upstream audio signal 123 is a mono audio signal. The cen-
tralized conference server 110 (e.g. the audio servers 112
comprised within the conference server 110) may be config-
ured to decode the upstream audio streams (representing the
upstream audio signals 123) and to extract optional metadata
associated with upstream audio streams.

The conference server 110 may e.g. be an application
server of an audio conference service provider within a tele-
communication network. The terminals 120 may e.g. be com-
puting devices, such as laptop computers, desktop computers,
tablet computers, and/or smartphones; as well as telephones,
such as mobile telephones, cordless telephones, desktop
handsets, etc. The conference server 110 comprises a central
conference controller 111 configured to combine the plurality
of upstream audio signals 123 to form an audio conference.
The central conference controller 111 may be configured to
mix the plurality of upstream audio signals 123. Furthermore,
the central conference controller 111 may be configured to
place the plurality of upstream audio signals 123 at particular
locations within a 2D or 3D conference scene (e.g. using
binauralization techniques) and generate information regard-
ing the arrangement (i.e. the locations) of the plurality of
upstream audio signals 123 within the conference scene.

Furthermore, the conference server 110 may comprise a
plurality of audio servers 112 for the plurality of terminals
120, respectively. It should be noted that the plurality of audio
servers 112 may be provided within a single computing
device/digital signal processor. The plurality of audio servers
112 may e.g. be dedicated processing modules within the
server or dedicated software threads to service the audio
signals for the respective plurality of terminals 120. Hence,
the audio servers 112 may be “logical” entities which process
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the audio signals in accordance to the needs of the respective
terminals 120. An audio server 112 (or an equivalent process-
ing module or thread within a combined server) receives
some or all of the plurality of upstream audio signals 123 (e.g.
in the form of audio streams), and optionally the information
regarding the arrangement of the plurality of upstream audio
signals 123 within the conference scene. The information
regarding the arrangement of the plurality of upstream audio
signals 123 within the conference scene is typically provided
by the conference controller 111 which thereby informs the
audio server 112 (or processing module/thread) on how to
process the audio signals. Using this information, the audio
server 112 generates a set of downstream audio signals 124,
as well as corresponding metadata, which is transmitted to the
respective terminal 120, in order to enable the respective
terminal 120 to render the audio signals of the participating
parties in accordance to the conference scene established
within the conference controller 111. The set of downstream
audio signals 124 is typically transmitted as a set of down-
stream audio streams, e.g. bitstreams. By way of example, the
set of downstream audio signals 124 may be encoded as
G.711, G722.2 (AMR-WB), MPEG2 or MPEG 4 or propri-
etary audio bitstreams. The information regarding the place-
ment of the downstream audio signals 124 within the confer-
ence scene may be encoded as metadata e.g. within the set of
downstream audio streams. Hence, the conference server 110
(in particular the audio server 112) may be configured to
encode the set of downstream audio signals 124 into a set of
downstream audio streams comprising metadata for render-
ing the conference scene at the terminal 120.

FIG. 1a illustrates a conference system 110 with a central-
ized architecture. Voice conference (e.g. using 2D or 3D
audio conference scenes) may also be provided using a dis-
tributed architecture, as illustrated by the conference system
150 of FIG. 15. In the illustrated example, the terminals 170
comprise a local conference controller 175 configured to mix
the audio signals of the conference participants and/or to
place the audio signals into a conference scene. In a similar
manner to the central conference controller 111 of the cen-
tralized conference server 110, the local conference control-
ler 175 may be limited to analyzing the signaling information
of'the received audio signals in order to generate a conference
scene. The actual manipulation of the audio signals may be
performed by a separate audio processing unit 171.

A terminal 120, 170 receives a set of downstream audio
signals 124 (and the corresponding metadata) and renders the
set of downstream audio signals 124 via the audio transceiver
122 (e.g. headphones or loudspeakers). For this purpose, the
terminal 120 (e.g. an audio processing unit 121 comprised
within the terminal 120) may be configured to decode a set of
downstream audio bitstreams, in order to extract the down-
stream audio signals and the corresponding metadata. Fur-
thermore, the audio processing unit 121 may be configured to
generate a mixed binaural audio signal for rendering by the
audio transceiver 122, wherein the mixed binaural audio sig-
nal reflects the terminal specific conference scene designed at
the conference server 110 for this terminal 120. In other
words, the audio processing unit 121 may be configured to
analyze the received metadata and to place the received set of
downstream audio signals 124 into the terminal specific con-
ference scene. As a result, the conference participant may
perceive a binaural audio signal which gives the conference
participant at the terminal 120 the impression that the other
participants are placed at specific locations within a confer-
ence scene.

In a distributed architecture, a terminal 170 is configured to
send its upstream audio signal 173 (e.g. as a bitstream) to the
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other participating terminals 170 via a communication net-
work 160. For this purpose, the terminal 170 may use multi-
casting schemes and/or direct addressing schemes of the
other participating terminals 170. Hence, in case of M par-
ticipating terminals 170, each terminal 170 receives up to
(M-1) downstream audio signals 174 (e.g. as bitstreams)
which correspond to the upstream audio signals 173 of the
(M-1) other terminals 170. The local conference controller
175 of a receiving terminal 170 may be configured to place
the received downstream audio signals 174 into a 2D or 3D
conference scene, wherein the receiving terminal 170 is typi-
cally placed in the center of the conference scene. The audio
processing unit 171 of the receiving terminal 170 may be
configured to generate a mixed binaural signal from the
received downstream audio signals 174, wherein the mixed
binaural signal reflects the 2D or 3D conference scene
designed by the local conference controller 175. The mixed
binaural signal may then be rendered by the audio transceiver
122.

The present document relates to the determination of an
estimate of the commencement time instant of an audio con-
ference using a conference system 100, 150 as illustrated in
FIGS. 1a and 16. FIG. 2 illustrates an example system 200 for
estimating the conference commencement time instant. The
system 200 may be applicable to centralized and/or de-cen-
tralized conference architectures as illustrated in FIGS. 1a
and 1b. The system 200 comprises an analysis server 230
configured to receive logging data 220 from a plurality of
terminals 120 (also referred to as endpoints 120) of a voice
conference. Furthermore, the analysis server 230 may be
configured to receive logging data 210 from a central confer-
ence server 110 (in case of a centralized conference architec-
ture). The logging data 210, 220 may be transmitted via a
communication network 160. It should be noted that in a
centralized architecture, the analysis server 230 may be co-
located and/or comprised within the conference server 110.

The logging data 220 of an endpoint 120 may comprise e.g.

an identifier for a particular audio conference;

the upstream audio signal 123, 173 generated by the end-

point 120 during the particular audio conference;

meta data extracted from the upstream audio signal and any

associated processing of the captured audio, such as
voice activity times, signal level, noise conditions and
activity;

control information entered by a user of the endpoint 120

during the particular audio conference. Examples for
control information are: muting of the microphone 125;
volume control of the loudspeaker 122; entering of the
particular audio conference; leaving of the particular
audio conference; resetting of the endpoint 120.

audio signals recorded by the microphone 125 of the end-

point 120, while the endpoint 120 was on mute;

time stamps for the above mentioned data.

The logging data 210 provided by the conference server
110 may comprise e.g.

an identifier for the particular audio conference;

a scheduled start time for the particular audio conference;

information regarding the chairperson of the particular

audio conference (e.g. an identifier of the endpoint 120
of the chairperson of the particular audio conference);
waiting times for one or more endpoints 120 prior to the
chairperson opening the particular audio conference;
information regarding the Joining/Leaving of individual
endpoints 120 to and from the particular audio confer-
ence;
time stamps for the above mentioned data.
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The received logging data 220 from the endpoints 120
and/or the received logging data 210 from the conference
server 110 may be analyzed by the analysis server 230, in
order to determine one or more events that have occurred at
the respective endpoints 120 during the particular audio con-
ference. The one or more events may be selected from a
pre-determined list of events. The pre-determined list of
events may comprise e.g.

a Joining event (indicated as “J” in the present document):
The Joining event may indicate that the endpoint 120 has
entered the particular audio conference. The particular
audio conference may be considered to be joined, even
though the chairperson has not opened the conference.
The Joining event may be detected based on the control
information from an endpoint 120 and/or based on Leav-
ing/Joining information from the conference server 110.

Leaving event (indicated as “L.”” in the present document):
The Leaving event may indicate that the endpoint 120
has left the particular audio conference. The Leaving
event may be detected based on the control information
from an endpoint 120 and/or based on Leaving/Joining
information from the conference server 110.

a Start Talking event (indicated as “S” in the present docu-
ment): The Start Talking event may indicate thata user at
the endpoint 120 has started to provide a spoken contri-
bution to the particular audio conference. The “S” event
may be determined based on the upstream audio signals
123, 173 from the respective endpoint 120. By way of
example, the “S” event may be detected by determining
that the upstream audio signal 123, 173 from the respec-
tive endpoint 120 comprises a speech signal having an
energy above a pre-determined first energy threshold.

a Finish Talking event (indicated as “F” in the present
document): The “F”” event may indicate that a user at the
endpoint 120 has stopped making a spoken contribution
to the particular audio conference. The “F” event may be
determined based on the upstream audio signal 123,173.
By way of example, the “F” event may be detected by
determining that the upstream audio signal 123, 173
comprises an energy below a pre-determined second
energy threshold. For stability reasons, the second
energy threshold is typically lower than the first energy
threshold.

Alternatively or in addition to an “S” event and an “F”
event, a Talking event (indicated as “I” in the present
document) may be identified. The “T” event may start
with an “S” event and may remain active until an “F”
event is detected.

A Mute event (indicated as “M” in the present document):
The “M” event may indicate that the user at the endpoint
120 has put the endpoint 120 into the “mute” mode. The
“M” event may be detected based on control information
from the endpoint 120.

As a result of the analysis of the logging data 210, 220, a
sequence of events is provided for each endpoint 120 partici-
pating in the particular audio conference. Using the time
stamp information provided in the logging data 210, 220, the
events within the sequence of events are associated with
respective time stamps which may be used to align the plu-
rality of sequences of events for a corresponding plurality of
endpoints 120. FIG. 3q illustrates example sequences 301,
302, 303 of events for three different endpoints 120 of an
audio conference. It can be seen that the sequences 301, 302,
303 comprise various events 305 at various different time
instants.

It should be noted that an endpoint 120 may be configured
to perform the analysis of the data available at the endpoint
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120 and provide a sequence of events to the analysis server
230. As such, the logging data 220 received from an endpoint
120 may comprise a sequence 301 of events 305. In another
embodiment, the conference server 110 may be configured to
determine a sequence of events for each endpoint 120 based
on the data available at the conference server 110.

The above mentioned detection of events at an endpoint
120 based on the data logged for the respective endpoint 120
may be considered to be part of a first stage of data reduction.
In addition to breaking up the data logged for an endpoint 120
into simple events like Join, Leave, Start talking, Finish talk-
ing, Interrupt, Mute, etc., i.e. in addition to a simplification of
the logged data, the first stage of data reduction typically
comprises alignment and consistency validation. As part of
the consistency validation it may be determined whether the
logs for different endpoints 120 are part of the same audio
conference. This consistency validation may be performed
based on the conference identifiers comprised within the log-
ging data 210, 220. Furthermore, it may be verified that the
time stamps of the logging data are aligned and that patterns
of activity line up (e.g. in case there are time stamp errors). In
other words, it is ensured that the sequences 301, 302, 303 of
events for the different endpoints 120 belong to the same
audio conference and/or are time aligned.

As a result of the above mentioned first stage of data
reduction, a sequence 310 of event vectors 311 is obtained,
wherein the dimension M of the event vectors may corre-
spond to the number M of endpoints 120 participating in the
audio conference. FIG. 35 shows an example sequence 310 of
event vectors 311 for the sequences 301, 302, 303 of events
305 illustrated in FIG. 3a4. It can be seen that the audio con-
ference can be described by the sequence 310 of event vectors
311. Each event vector 311 describes a time interval 313 of
the audio conference. The length of the time interval 313
depends on the event sampling rate f,. By way of example, the
event sampling rate £, may be 1 Hz and in some cases with
efficient event logging it may be as high as the audio frame
rate typically at or around 50 Hz. As such, the sequence 310
of'event vectors 311 describes selected events that occurred in
the audio conference along the time line 312.

A further (second) stage of data reduction may be the
extraction of features from the sequence 310 of event vectors
311 describing the audio conference. Feature extraction typi-
cally involves determining a set of aggregate statistics based
on the sequence 310 of event vectors 311. For this purpose,
sequential blocks 320 of event vectors 311 are analyzed to
determine a set of meaningful features. FIG. 3¢ shows a
sequence of blocks 320 of event vectors 311. A block 320 of
event vectors 311 typically comprises a plurality of adjacent
event vectors 311, thereby covering a block length 323 of the
audio conference. As a result, a sequence of blocks 320 of
event vectors 311 is obtained. A block 320 of event vectors
311 may be used to determine a set of conference features. By
determining the set of conference features for the sequence of
blocks 320, a sequence of sets of conference features may be
obtained.

In order to increase the time resolution of the sequence of
sets of conference features, adjacent blocks 320 of event
vectors 311 may overlap, i.e. the end of a first block 320 may
comprise a certain number of the same event vectors 311 as
the beginning of a directly succeeding second block 320. This
is illustrated in FIG. 3d. It can be seen that two succeeding
blocks 320 comprise one or more of the same event vectors
311. The time interval 325 between two succeeding blocks
320 is reduced compared to the example of FIG. 3¢ where the
time interval 323 between two succeeding blocks 320 corre-
sponds to the block length 323. As a result, the time resolution
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of the sequence of sets of conference features may be
increased, thereby increasing the time resolution of the esti-
mate for the commencement time of the audio conference. By
way of example, the block length 323 may be 1 to 5 minutes
and/or the time interval 325 between two succeeding block
320 may be 30 seconds to 1 minute.
Example features which may be determined based on a
block 320 of event vectors 311 may be
the relative talking time (e.g. given in % of time) of the
different endpoints 120 within the time interval 323 of
the audio conference corresponding to the analyzed
block 320. This feature may be referred to as the RTT
(Relative Talking Time) feature. The RTT feature may
indicate the relative talking time (given in % of time) of
the N most active endpoints 120 among the M endpoints
120 of the audio conference, N smaller or equal to M
(e.g. N=3). The RTT feature may be determined by
determining for each endpoint 120 the cumulated length
of the T events compared to the block length 323. In
other words, in order to determine the RTT feature the
ratio of each of the top N participants to the total voice
time may be listed, starting from the time that there is
voice activity. The RTT feature is a measure of the churn
or balance of a meeting. The RTT feature typically shifts
from one participant to another participant over time
periods in the range of minutes.
the relative time that a pre-determined number of talkers
(i.e. endpoints 120) are concurrently active. This feature
may be referred to as the CTT (Concurrent Talker Time)
feature. The CTT feature may be a vector of K dimen-
sions, wherein each dimension indicates a different
number of concurrent talkers (0, 1, 2, ..., K-1), K being
smaller or equal to M. The value of a dimension of the
CTT feature vector, which corresponds to k (k=0, . . .,
K-1) concurrently active talkers, may indicate the per-
centage of time of the block length 323 that k talkers
have been concurrently active. The CTT feature may be
determined based on the T events 305 comprised within
the block 320 of event vectors 311. In other words, in
order to determine the CTT feature, the number of
simultaneous active speakers may be aggregated for val-
ues of e.g. 0 through to 4 simultaneous active speakers.
The CTT feature indicates the overall voice duty cycle
and simultaneous endpoints 120. Example distributions
of the CCT feature can be given for disparate and coor-
dinated activity at the endpoints 120.
the number of turns or hand overs between different talkers
(i.e. different endpoints 120) that occurred within a
block 320. This feature may be referred to as the NT
(Number of Turns) feature. The NT feature may indicate
the number of transitions of T events between different
endpoints 120. In order to determine the number of
endpoint transitions, at the beginning of a block 320 a
firstendpoint 120 having a T event may be assigned to be
the primary talker. A transition to a new primary talker
may occur as when the T events of the current primary
talker stop and a different endpoint 120 with a T event
can be identified. By repeating such an analysis for the
entire block length 323, the NT feature can be deter-
mined as the total number of talker transitions. Typi-
cally, arelatively low value of the NT feature indicates a
stable start of the (productive) audio conference.
the total number L. of endpoints 120 which comprise a
continuous T event of more than a minimum length of
time T,,,, L being smaller than or equal to M. As indi-
cated above, a T event may be detected if the energy of
the upstream audio signals 123, 173 of an endpoint 120
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exceeds a pre-determined first energy threshold (of e.g.
-30 dB). The minimum length of time T,,,,, may e.g. be
2 seconds. This feature may be referred to as the NAE
(Number of Active Endpoints) feature. The NAE feature
may indicate introductions or attendance checks when
the NAE feature approaches the size M of the audio
conference.

the number of distinct T events and their respective length.

Some or all of the above mentioned features (as well as
other features) may be combined to form a set of features
(also referred to as a feature vector). Data over segments (e.g.
over blocks 320) ranging from 1-5 minutes may be aggre-
gated for this purpose. As shown in FIG. 3d the advance 325
between feature samples may be less than the time window
length 323 and may e.g. be 1 minute. This allows for a 1
minute resolution in order to estimate the commencement
time, while at the same time providing a sufficiently long time
window 323 for determining the features.

FIG. 3e illustrates an example set 330 of features 331, 332,
333, 334 determined based on a block 320 of event vectors
311. As indicated above, the set 330 of features may also be
referred to as a feature vector 330. In the illustrated example,
the set 330 of features comprises the CTT feature 331, the
RTT feature 332, the NT feature 333 and the NAE feature
334. The number M of endpoints 120 in the example audio
conference is M=4. In addition to the features 331, 332, 333,
334, the respective feature values 341, 342, 343, 344 are
shown. Based on the sequence of blocks 320 of event vectors
311, a sequence of sets 330 of features may be determined. A
set 330 of features describes the structure of an audio confer-
ence within the time interval 323 of the corresponding block
320. As such, the sequence of sets 330 of features describes
the evolution of the structure of the audio conference along
the time line 312. In other words, the set 330 of features
provides a pattern representing the audio conference within
the time interval 323, and the sequence of sets 330 of features
provides an evolution of patterns representing the audio con-
ference along the time line 312. Hence, pattern recognition
techniques may be used to automatically identify a status of
the audio conference (e.g. the commencement of a productive
audio conference) based on the sequence of sets 330 of fea-
tures. In particular, a machine learning classifier may be used
for such purposes.

In summary, a further stage of data reduction is the extrac-
tion of feature vectors 330 from the blocks 320 of event
vectors 311. For this purpose, the data is reduced to a set of
useful aggregated statistics (i.e. features 331, 332, 333, 334)
that were discovered by the inventors to have useful discrimi-
nating power with regards to the state of a conference. A
machine learning classifier, given these feature vectors 330
and trained against manually annotated data, is able to pro-
vide amomentary classification of the audio conference. Suit-
able machine learning techniques may comprise the use of
support vector machines, boosting, Gaussian Mixture Models
and/or Hidden Markov Models. In other words, using a
machine learning classifier the feature vector 330 describing
the audio conference at a particular point of time may be
mapped to one of a plurality of pre-determined classifications
of the audio conference. Using the sequence of feature vec-
tors 330, a sequence of classifications for the audio confer-
ence may be provided, thereby attributing the audio confer-
ence to different classifications along the time line 312.

Example classifications may be

a W classification, indicating that the participants of the

audio conference are waiting for something;

a B classification, indicating banter and/or uncoordinated

activity within the audio conference;

5

10

15

20

25

30

35

40

45

50

55

60

65

18

an [ classification, indicating introductions and attendance

check within the audio conference;

a C classification, indicating productive conference activ-

ity;

a S (sign off) classification, indicating an end phase of the

audio conference.

In other words, using annotated training data, a machine
learning classifier may be provided that is configured to
assign a feature vector 330 to one of a plurality of pre-deter-
mined classifications. As a result, a sequence 350 of feature
vectors 330 may be assigned to a sequence 370 of classifica-
tions 371 as shown in FIG. 3f. It can be seen that using a
classifier 360, each feature vector 330 may be assigned to a
classification 371.

The output from the classifier 360, i.e. the sequence 370 of
classifications 371 may be passed through a segmentation
algorithm. The segmentation algorithm may be designed to
look for a transition, e.g. to a period where the distribution of
C classifications starts to exceeds the other types of classifi-
cations, thereby indicating the main body of the conference.
The segmentation algorithm may make use of one or more
segmentation rules such as the rules listed in Table 1.

A sequence 370 of classifications 371 may be considered to
be an observation or estimated property of an audio confer-
ence, that is related to an underlying state. An example two
state model may be used to represent the long term underlying
segment of a productive conference, or peripheral activity.
From observing labeled data sets, the transition probabilities
for such a Markov model can be determined between such
segments. In addition to this, a model of the probability dis-
tribution of immediate classifier labels for the two underlying
segment types can be determined. In particular, the probabil-
ity of observing a C will typically be substantially higher in
the case of the underlying segment being part of the main
conference activity. This framework may be used in the con-
text of Hidden Markov Models (HMM) to identify the most
likely point of transition between these segments. The latter
approach which makes use of a machine learned classifier
(e.g. based on a HMM) to determine a transition point
between two segments may provide a more accurate estima-
tion of the specific transition point between two segments
than the approach described above.

By using an optimal estimation technique such as a HMM
with a model derived from labeled conference data sets, it is
possible to look at a reduced detail representation of a con-
ference in terms of the transition in and out of the operational
conference state. Where a conference has the typical structure
of one central segment of structured participation, the com-
mencement point may be determined within a first reasonable
fraction of the audio conference, which may be between 5 and
30%, of the total conference length. Furthermore, the struc-
tured activity may represent a majority of the conference
length. In such situations, it may be taken as a reliable data
point whereby the first transition is indicative of an underly-
ing meeting commencement. Where meeting patterns are
observed such as an absence of any real transition or repeated
and sporadic transitions between the underlying segment
classes, then such a meeting may be considered abnormal or
not appropriately classified and thus assigned a lower level of
confidence. In some cases, the level of confidence may be
assigned a value representing the change in the probability of
observing a C classification output of the classifier between
the first segment 381 and the second segment 382. A rela-
tively high value (e.g. a maximum value or a value of 1) may
represent a detected sequence 382 that shows an onset of C
classifications that is then continuous through a period of the
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audio conference, suggesting a high likelihood of a clearly
identifiable conference commencement.

A final stage of processing may combine the identified
segment times, additional information from a set of rules
about party dominance and join times, and other structured
inference to arrive at an estimate of commencement time, an
estimate of the cause of the delay (e.g. from Table 1 regarding
modes of delay), and a confidence level regarding the esti-
mate of the commencement time.

In particular, the rules may require that the meeting com-
mencement time is noted as occurring after the joining time of
any significant participant. Specifically, the conference may
transition to a segment more prevalent with C classifications
at some earlier point, and then a participant joining the con-
ference at a later time is aligned with another identified seg-
ment transition. If that late participant is also a frequently
active participant, and no further transitions are identified,
then the later transition to a structured conference may be
taken as the underlying commencement time. In contrast, a
participant joining the conference late and not significantly
participating would not shift the estimated commencement
time from a clear earlier transition. Hence, pre-determined
rules may be taken into account when determining an esti-
mate of the commencement time instant.

In other words, a segmentation algorithm may be used to
detect one or more segments 382 within the sequence 370 of
classifications 371 with an increased density of C classifica-
tions. The first transition between a segment 381 with a rela-
tive low density of C classifications to a segment 382 with
relatively high density of C classifications may be taken as an
estimate 326 for the commencement time instant of the audio
conference. This is illustrated in FIG. 3/, It can be seen that
starting from the time period 326 onwards, a relatively high
density of C classifications occurs. Hence, it may be con-
cluded that the audio conference started to be productive
within the time period 326. As such, the time period 326 (e.g.
the beginning of the time period 326) may be taken as an
estimate for the commencement time instant of the audio
conference. As outlined above, such estimate of the com-
mencement time instant can only be determined with a time
resolution which corresponds to the time interval 325
between adjacent blocks 320 of event vectors 311 (i.e. to the
time interval 325 between adjacent feature vectors 330).

The segments 381, 382 may be analyzed further (e.g. using
apre-determined set of rules as e.g. those listed in Table 1) in
order to determine a confidence level of the estimate 326 of
the commencement time instant and/or in order to determine
an estimate of the reason for the delayed commencement of
the audio conference.

FIG. 4 illustrates an example method 400 for determining
an estimate of the commencement time instant of an audio
conference. Instep 401 sequences 301,302, 303 of events 305
are determined for a plurality of endpoints 120 of an audio
conference. The sequences 301, 302, 303 of events 305 are
time aligned and combined in order to form a sequence 310 of
event vectors 311 (step 402). In step 403, feature vectors 330
are determined based on (possibly overlapping) blocks of
succeeding event vectors 311 from the sequence 310 of event
vectors 311. The feature vectors 330 may be determined
based on statistical analysis of the event vectors 311 com-
prised within the underlying block 320 of the feature vector
330. In step 404 a classifier 360 is used to assign the resulting
sequence 350 of feature vectors 330 to a corresponding
sequence 370 of classifications 371 taken from a pre-deter-
mined list of classifications. The pre-determined list of clas-
sifications comprises a so called C classification indicative of
a productive audio conference.
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The classifier 360 may have been determined based on
manually annotated training data taken from a plurality of
audio conferences. The annotated training data may comprise
sequences 350 of feature vectors 330 and manually assigned
sequences 370 of classifications 371. As such, the annotated
training data allows for the determination of a clustering
algorithm comprising clusters of feature vectors 330 around
the possible classifications 371 of the pre-determined set of
classifications. As a result a clustering algorithm may be
determined based on the annotated training data, wherein the
classifier 360 makes use of the clustering algorithm to per-
form the above mentioned assignment task.

In step 405, the sequence 370 of classifications 371 is
segmented into one or more segments 381 comprising a rela-
tively low density of C classifications and one or more seg-
ments 382 comprising a relatively high density of C classifi-
cations. For this purpose, a density threshold may be used,
wherein a segment 382 is considered to comprise a relatively
high density of C classifications, if the density of C classifi-
cations exceeds the pre-determined density thresholds. An
estimate of the commencement time instant of the audio
conference may be determined (step 406) based on a transi-
tion from a segment 381 comprising a relatively low density
of C classifications and a segment 382 comprising a relatively
high density of C classifications (e.g. based on the first tran-
sition). The length of the segments may be fixed to a pre-
determined number of adjacent feature vectors 330.

As indicated above, by using a pre-determined set of rules
(e.g. those listed in Table 1), a cause for the estimated com-
mencement time instant 326 may determined. In this way, the
analysis may dive further into the logged data 210, 220 to
isolate the cause due to the participating people (e.g. late or
absent) or due to the technology system (e.g. connection
problems).

A particular cause for a delay (i.e. for an estimated com-
mencement time instant 326 which lies significantly after the
scheduled or actual start of the audio conference) may be a
new system user or a faulty endpoint 120. To identify and
potentially remedy this cause, a number of times that an
individual endpoint 120 or user is responsible for a delay in
commencement (e.g. due to late arrival or due to connection
problems) may be tracked.

As already indicated above, the data capture (i.e. the log-
ging of data 210, 220), the analytic implementation and visu-
alization may be provided by a third party or may be provided
in a Management Information System (MIS) using an analy-
sis server 230. MIS systems typically have extensive capabil-
ity for storage, reference and archive and are equipped with
toolbox analytics and presentation graphics that could realize
the algorithms detailed in the present document. The combi-
nation of the analysis algorithm and data analysis is envisaged
to provide a powerful high level analysis and fault finding
tool.

By way of example, historical plots of time to commence,
time for parties to join, and time for individuals to join audio
conferences may be analyzed. The respective time instants
may be provided relative to the first party joining, relative to
the scheduled appointment and/or relative to some quantized
time schema (typically a 15 minutes or 30 minutes schema).
FIG. 5a shows example plots of historical data of e.g. the
commencement time instant 326 relative to the scheduled
start time of the audio conference. Given such kind of infor-
mation and a Management Information System (MIS), a
means of identifying efficiency in virtual conferencing, and
of tracking the effect and improvements resultant in specific
policy, training, group norms and directives can be provided.
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The measures of commencement time and individual par-
ticipant joining times, when looked at across time and across
specific groups, may be used as an indication of efficiency
around meetings. The availability of such indications may
eventually lead to an effective management of such meetings.
Furthermore, the measures of commencement time and indi-
vidual participant joining times may allow a comparison of
different conference system media and settings. In an
example, the conference commencement time is displayed
for a set of different conference endpoint compositions. For
example, meetings where most participants are on binaural or
spatial endpoints could be compared to meetings where most
participants are on legacy VoIP or PSTN endpoints. As a
result, the benefits of binaural endpoints with regards to meet-
ing efficiency compared to conventional endpoints may be
identified.

It is proposed in the present document to include logged
data 210, 220 such as end point participation, departure time,
over extension (channel left open past the conference end),
and uncharacteristic local speech activity, whilst in muted
listening mode as a further means of creating a reliable metric
of prompt attendance and attention. The methods described in
the present document may be used to run analytics based e.g.
on the following metrics: The attendance record of partici-
pants related to the meeting commencement time; the fre-
quency of joins/disconnects per participant per conference;
the percentage of joined participants vs. expected partici-
pants; the total time for conference “introduction” phase vs.
“content” phase—commencement ratio; the percentage of
participants during the “content” phase; and/or the analysis
against the number and types of endpoints in any conference.

In the present document, methods and systems for auto-
matically determining an estimate of the actual commence-
ment time instant of an audio conference have been described.
The methods and systems make use of various data reduction
schemes to provide a reliable and robust estimate. In particu-
lar, the determination of pre-determined events from logged
audio conferencing data, the determination of pre-determined
feature vectors based on the determined events and/or the use
of' a machine learning classifier ensure the reliable determi-
nation of an estimate for the commencement time instant.

The methods and systems described in the present docu-
ment may be implemented as software, firmware and/or hard-
ware. Certain components may e.g. be implemented as soft-
ware running on a digital signal processor or microprocessor.
Other components may e.g. be implemented as hardware and
or as application specific integrated circuits. The signals
encountered in the described methods and systems may be
stored on media such as random access memory or optical
storage media. They may be transferred via networks, such as
radio networks, satellite networks, wireless networks or wire-
line networks, e.g. the Internet. Typical devices making use of
the methods and systems described in the present document
are portable electronic devices or other consumer equipment
which are used to store and/or render audio signals.

What is claimed is:

1. A method for determining that an audio conference
which makes use of an audio conference system is in a first
phase of a plurality of pre-determined phases; wherein the
audio conference system links a plurality of M terminals,
M>2 for participants of the audio conference; the method
comprising

determining a plurality of sequences of events for the plu-

rality of terminals of the audio conference system,
respectively; wherein an event from the sequences of
events indicates that a talker activity at a terminal has
been detected within an event time interval;
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determining a sequence of feature vectors based on the

plurality of sequences of events;

wherein a feature vector of the sequence of feature vec-
tors is indicative of the talker activity at one or more of
the plurality of terminals relative to the talker activity
at all of the plurality of terminals within a feature time
interval,

wherein a feature vector of the sequence of feature vec-
tors is indicative of a concurrent talker activity at one
or more of the plurality of terminals, respectively,
within the feature time interval, and/or

wherein a feature vector of the sequence of feature vec-
tors is indicative of a number of hand overs of talker
activity between different terminals within the feature
time interval,

wherein the feature time interval comprises a plurality of
event time intervals; and

determining that the audio conference is in the first phase

based on the sequence of feature vectors.

2. The method of claim 1, wherein detecting the talker
activity within the event time interval comprises

determining an energy of an upstream audio signal gener-

ated by the terminal within the event time interval; and
determining that the energy within the event time interval is
greater than a pre-determined first energy threshold.

3. The method of claim 1, wherein determining a sequence
of events for a terminal comprises analyzing logging data
logged at or logged for the terminal during the audio confer-
ence; wherein the logging data comprises any one or more of:

an identifier for the audio conference;

an upstream audio signal generated by the terminal during

the audio conference using a microphone;

terminal control information generated at the terminal dur-

ing the audio conference; and

time stamp data allowing to align the logging data received

from a plurality of terminals.

4. The method of claim 1, wherein the events from the
plurality of sequences of events are selected from any one or
more of:

the event indicative of the talker activity at a respective

terminal within the event time interval, referredtoasa T
event;

an M event indicative of a respective terminal being in mute

within the event time interval;

a J event indicative of a respective terminal dialing into the

audio conference within the event time interval; and
an L event indicative of a respective terminal terminating
the audio conference within the event time interval.

5. The method of claim 1, wherein the concurrent talker
activity of k terminals, k=0, . . . , K, is determined based on a
number of event time intervals within the feature time interval
for which k terminals have concurrent T events.

6. The method of claim 1, wherein the feature vector of the
sequence of feature vectors is indicative of a number L of
different terminals comprising at least one T event within the
feature time interval.

7. The method of claim 1, wherein determining a sequence
of feature vectors comprises

selecting a first feature time interval for determining a first

feature vector of the sequence of feature vectors; and

selecting a second feature time interval for determining a

second feature vector of the sequence of feature vectors;
wherein the second feature vector directly succeeds the
first feature vector in the sequence of feature vectors;
wherein the first and second time intervals overlap.
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8. The method of claim 1 further comprising time aligning
the plurality of sequences of events for the plurality of termi-
nals.

9. The method of claim 1 further comprising assigning a
feature vector of the sequence of feature vectors to one of a
plurality of pre-determined classifications; wherein a classi-
fication of the plurality of classifications is indicative of a
corresponding type of activity within the audio conference.

10. The method of claim 9, wherein the plurality of pre-
determined classifications comprises any one or more of:

a W classification, indicative of a waiting phase of the

audio conference;

a B classification, indicative of phase of uncoordinated

activity within the audio conference;

an I classification, indicative of a phase of participant intro-

ductions and attendance check within the audio confer-
ence;

a C classification, indicative of a phase of productive activ-

ity within the audio conference; and

an S classification, indicative of a sign off phase of the

audio conference.

11. The method of claim 10, further comprising

determining a sequence of classifications from the

sequence of feature vectors; and

identifying a segment within the sequence of classifica-

tions having a density of C classifications higher than a
density threshold; wherein the segment comprises a pre-
determined number of succeeding classifications from
the sequence of classifications.

12. The method of claim 11, wherein the method further
comprises determining an estimate of a commencement time
instant of the audio conference based on the identified seg-
ment; wherein the commencement time instant is indicative
of'abeginning of a cooperative phase of the audio conference.

13. The method of claim 12, wherein the commencement
time instant is indicative of a transition from an introductory
phase to the cooperative phase of the audio conference.

14. The method of claim 11, wherein

the audio conference system comprises a 2D or 3D confer-

ence scene;

the terminals are placed at different talker locations within

the 2D or 3D conference scene; and

the method further comprises selecting the different talker

locations based on the estimate of the commencement
time instant.

15. The method of claim 11, wherein the estimate of the
commencement time instant is indicated relative to

a scheduled start time of the audio conference;

atime instant indicative of one of the plurality of terminals

joining the audio conference; and/or

aregional time corresponding to a full hour, a quarter to the

full hour, half past the full hour or a quarter to the full
hour.

16. The method of claim 1, wherein the plurality of phases
of the audio conference comprises any one or more of

a waiting phase of the audio conference;

a phase of uncoordinated activity within the audio confer-

ence;
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a phase of participant introductions and attendance check

within the audio conference;

aphase of productive activity within the audio conference;

a cooperative phase of the audio conference;

an introductory phase of the audio conference; and

a sign off phase of the audio conference.

17. The method of claim 16, wherein

the cooperative phase extends across a plurality of feature

time intervals;

the phase of productive activity extends across at least one

feature time interval; and

the cooperative phase comprises a density of phases of

productive activity exceeding a density threshold.

18. The method of claim 1, wherein

all the events of the sequences of events share a common

time grid with a grid spacing corresponding to the event
time interval; and

all feature vectors of the sequence of feature vectors cover

atime interval corresponding to the feature time interval.

19. An analysis server configured to estimate a commence-
ment time instant of an audio conference which is performed
within an audio conference system; wherein the audio con-
ference system links a plurality of M terminals, M>2 for
participants of the audio conference; wherein the commence-
ment time instant is indicative of a beginning of a cooperative
phase of the audio conference; wherein the analysis server is
configured to

receive logging data related to the plurality of terminals;

determine a plurality of sequences of events for the plural-

ity of terminals of the audio conference system, respec-
tively, based on the logging data; wherein an event from
the sequences of events indicates that a talker activity at
a terminal has been detected within an event time inter-
val;

determine a sequence of feature vectors based on the plu-

rality of sequences of events;

wherein a feature vector of the sequence of feature vec-
tors is indicative of the talker activity at at least one of
the plurality of terminals relative to the talker activity
at at least another one of the plurality of terminals
within a feature time interval,

wherein a feature vector of the sequence of feature vec-
tors is indicative of a concurrent talker activity at K
terminals, respectively, within the feature time inter-
val, K>1, and/or

wherein a feature vector of the sequence of feature vec-
tors is indicative of a number of hand overs of talker
activity between different terminals within the feature
time interval,

wherein the feature time interval comprises a plurality of
event time intervals; and

determine the estimate of the commencement time instant

based on the sequence of feature vectors.

20. A storage medium comprising a software program
adapted for execution on a processor and for performing the
method steps of claim 1 when carried out on a computing
device.



